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(57) ABSTRACT 
The invention discloses a method of real-time VOIP call, 
characterized by comprising the following steps: a) a user 
dials a landline phone and establishes a connection with a 
service terminal; b) the service terminal resolves a further 
dialing of the user, corresponds dialing information with an 
addressing address stored in the service terminal of the call 
ing user, wherein the addressing address comprise a destina 
tion user name, a separator and a destination address; c) the 
service terminal of the calling user resolves information of the 
destination user name and sends it to a service terminal of the 
destination address; d) the service terminal of the destination 
address resolves the received information of the destination 
user name, and finds the information of the destination user 
name stored in the service terminal of the destination address, 
and then the service terminal of the destination address fur 
ther finds a phone number of the destination user internally 
stored in the service terminal of the destination address; e) the 
service terminal of the destination address initiates a call 
request to the destination user, f) a calling connection is 
established. This method can achieve video conference and 
fax in the same way as the existing internet phone, and more 
over, it is completely free of charge. 
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METHOD OF REAL-TIME VOIP CALL 

TECHNICAL FIELD 

0001. This invention relates to a method of real-time VOIP 
call, in particular to a method of real-time call method which 
digits equal to characters as separator for addressing. 

BACKGROUND ART 

0002. At present, most users are using traditional tele 
phone system as their communicating method. Traditional 
telephone system comprises PBX, phone and telephone wire. 
Users are to pay for their calling to the communication opera 
tor. Especially for enterprises, it will increase their cost. 
0003. Because of the development of VOIP technology, 
network telephone system is accepted and applied by many 
enterprises due to its lower cost than traditional telephone 
system. However the software telephone system exists with 
its limitations, take Skype (a software of network telephone 
used widely) for example, it is available only for software 
telephone to call landline phone (or mobile phone), and the 
call between software telephones. For the call between soft 
ware telephones, it might be free of charge because the Voice 
data packet is transmitted by internet; and for the call from 
software telephone to landline phone (or mobile phone), the 
network telephone operator will pay the traditional telephone 
operator because they exist separately, thus the users are to 
pay (for example: Skype recharge) the network telephone 
operator; it is not available for Skype to achieve the call from 
landline phone to software telephone and the call between 
landline phones. 
0004. With the developing of network technology, new 
Solutions are being arisen constantly, for example, Cisco-voip 
shown in FIG. 1, the hardware devices comprise: router, 
switch, PBX, PC, phone, network cable and telephone wire. 
PC connected to PBX through network cable, PBX connected 
to router through network cable, router with its speech inter 
face connected to PBX through telephone wire, and phone 
connected to PBX through telephone wire. Execution pro 
gram: for example, company A calls company B. The admin 
istrator of company A customizes a prefix number, when 
company A staff firstly dials the prefix number before dialing 
phone call, PBX will transmit the voice data packet to the 
router of company A, and the router of company A will find 
through addressing the router of company B which has been 
set in advance (transmission process for calling data is shown 
as FIG. 2 Cisco-voip process). There is no soft end in this 
Solution, So it is unavailable to achieve the cross dialing 
between software telephone and landline phone, and between 
software telephones. It is only available for the cross dialing 
between landline phones to be free of charge, because the 
prefix number is customized by enterprise network adminis 
trator, who must unify the planning of the routing information 
of company A and B in advance before cross dialing, thus the 
routers outside of the unified planning could not exchange 
with them. In a word, the prerequisite of this solution is that 
the two companies must be headquarters and branch, and the 
PBX in this solution must be high end with specific voice 
interface. Because of the high cost, it is not suitable for most 
Small and medium-sized enterprises. 
0005 With the developing of network hardware devices, 
there is a further development in traditional VOIP solution. 
Take IPT solution of Cisco for example, Cisco-IPT shown in 
FIG. 3, the hardware devices comprise: router, switch, call 
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manager (phonological load, distribute extension number for 
IP telephone), IP telephone, PC and network cable. PC con 
nected to IP telephone through network cable, IP telephone 
connected to Switch through network cable, call manager 
connected to Switch through network cable, and Switch con 
nected to router through network cable. For example, com 
pany A calls company B. Transmission process for calling 
data is shown as FIG. 4 Cisco-IPT process, when staff in 
company A calls staff in company B, he will firstly dial the 
prefix number (same as in Cisco-VOIP solution, also need the 
enterprise network administrator to customize in advance), 
the voice call data packet will be transmitted to the switch, 
then to call manager. After processing data, call manager will 
transmit it to the router of company A through Switch, and the 
routerofcompany A will find through addressing the router of 
company B. In this solution, call manager takes place of the 
traditional telephone switch, and the soft end phone is added. 
The prerequisite of this solution is that the planning of the 
routing information must be unified for company A and B in 
advance before cross dialing, thus the routers outside of the 
unified planning could not exchange with them. Which is to 
say, it will be free of charge in cross dialing only for the 
companies whose relations are the headquarter and branch. 
Meanwhile, Because of the high cost for call manager and IP 
telephone, it is difficult to afford by general small and 
medium-sized enterprises. 

SUMMARY OF THE INVENTION 

0006. The invention is to solve the above problems, and 
provides a method of real-time VOIP call. It can be applied to 
different hardware environments. Eithera enterprise or indi 
vidual can use the method of real-time VOIP call to achieve 
calling communication. The invention adopts the technical 
means as follows: 

0007. A method of real-time VOIP call, characterized by 
comprising the following steps: 
0008 a) a calling user dials a landline phone, and estab 
lishes a connection with a service terminal of the calling user; 
0009 b) the calling user further dials; the service terminal 
of the calling userperforms further resolving and corresponds 
dialing information with an addressing address stored in the 
service terminal of the calling user, said addressing address 
comprises a destination user name, a separator and a destina 
tion address, wherein the destination user name and the des 
tination address are separated by the separator, the service 
terminal of the calling user resolves the destination address on 
one side of the separator, and sets up connection with a 
service terminal of the destination address; 
0010 c) the service terminal of the calling user resolves 
information of the destination user name on the other side of 
the separator, and sends it to a service terminal of the desti 
nation address; 
00.11 d) the service terminal of the destination address 
resolves the received information of the destination user 
name, and corresponds the information of the destination user 
name with user information stored in the service terminal of 
the destination address; if the information of the destination 
user name matches information of a user in the stored user 
information, the service terminal of the destination address 
further finds out information of a landline phone in the infor 
mation of the user which is internally stored in the service 
terminal of the destination address; 
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0012 e) the service terminal of the destination address 
initiates a calling request to the landline phone of a destina 
tion user; 
0013 f) the destination user accepts the request, and estab 
lishes a calling connection. 
0014. The dialing in said step b is button dialing or voice 
dialing. 
0015 The separator in said step b refers to a symbol for 
distinguishing the user name from the destination address, 
namely that the separator is a kind of symbol or a symbol 
different from the user name and the destination address; said 
destination address is used to identify a location of a service 
terminal, and can be an IP address, a domain name or a host 
aC. 

0016. The present invention can customize its favorite dig 
its to be equivalent to the addressing address of the destination 
user, thereby greatly reducing the length of dialing number so 
as to further facilitate the user; by means of the present inven 
tion, the enterprises can achieve free dialing between landline 
phones, thereby saving money greatly. The traditional VOIP 
is a large server cluster with all user information being stored 
in the server cluster, whilst the present invention distributes 
the servers over individual enterprise or third party operators, 
thereby reducing the load and cost of the servers. By using the 
present invention, it can also achieve video conference and 
fax in the same way, and it is completely free of charge. 
0017 Compared with the traditional telephone system, 
Skype, Cisco-voip solution and Cisco-IPT solution, this 
invention has the advantages as follows: 
0018. In which: the fields in the table below are explained 
as follows: 

Traditional 
telephone Cisco-VOIP Cisco-IPT 

system Skype H-B NH-B H-B NH-B 

T-T Equipment L X H H H 
COS 

Cal H X O H O 

charge 
T-S Equipment X X X X H 

COS 

Cal X X X X O 

charge 
S-S Equipment X L X X H 

COS 

Cal X O X X O 

charge 
S-T Equipment X L X X H 

COS 

Cal X L X X O 

charge 

H-B: indicates that the enterprises calling each other are of headquarter and branch, 
NH-B: indicates that the enterprises calling each other are independent enterprises, 
T-T: indicates that landline phone calls landline phone. 
T-S: indicates that landline phone calls software telephone. 
S-S: indicates that software telephone calls software telephone. 
S-T: indicates that software telephone calls landline phone. 
L; indicates a low cost, 

H: indicates a high cost, 
0; indicates a cost of zero, 

X: indicates that it is unable to achieve. 
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DESCRIPTION OF DRAWINGS 

0019 FIG. 1: a diagram of the system structure of Cisco 
Voip in the prior art; 
0020 FIG. 2: a diagram of call data transmission proce 
dure in the system shown in FIG. 1; 
0021 FIG. 3: a diagram of the system structure of Cisco 
IPT in the prior art; 
0022 FIG. 4: a diagram of the call data transmission pro 
cedure in the system shown in FIG. 3; 
0023 FIG. 5: a flow chart of the method according to this 
invention; 
0024 FIG. 6: a diagram of the system structure in an 
embodiment in which an enterprise deploys this invention; 
0025 FIG. 7: a flow chart of calling in an embodiment in 
which an enterprise deploys this invention; 
0026 FIG. 8: a diagram of data transmission procedure in 
an embodiment in which an enterprise deploys this invention; 
0027 FIG. 9: a diagram of the system structure in an 
embodiment in which an ordinary user deploys this invention; 
0028 FIG.10: a flow chart of calling in an embodiment in 
which an ordinary user deploys this invention; 
0029 FIG. 11: a diagram of data transmission procedure 
in an embodiment in which an ordinary user deploys this 
invention. 

EMBODIMENT OF THE INVENTION 

0030. The method of real-time VOIP call shown in FIG.5 
comprises the following steps: 
0031) a) a calling user dials a landline phone, and estab 
lishes a connection with a service terminal of the calling user; 
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0032 b) the calling user further dials; the service terminal 
of the calling userperforms further resolving and corresponds 
dialing information with an addressing address stored in the 
service terminal of the calling user, said addressing address 
comprises a destination user name, a separator and a destina 
tion address, wherein the destination user name and the des 
tination address are separated by the separator, the service 
terminal of the calling user resolves the destination address on 
one side of the separator, and sets up connection with a 
service terminal of the destination address; 
0033 c) the service terminal of the calling user resolves 
information of the destination user name on the other side of 
the separator, and sends it to a service terminal of the desti 
nation address; 
0034 d) the service terminal of the destination address 
resolves the received information of the destination user 
name, and corresponds the information of the destination user 
name with user information stored in the service terminal of 
the destination address; if the information of the destination 
user name matches information of a user in the stored user 
information, the service terminal of the destination address 
further finds out information of a landline phone in the infor 
mation of the user which is internally stored in the service 
terminal of the destination address; 
0035 e) the service terminal of the destination address 
initiates a calling request to the landline phone of a destina 
tion user; 
0036 f) the destination user accepts the request, and estab 
lishes a calling connection. 
0037. In addition, the separator in stepb refers to a symbol 
for distinguishing the user name from the destination address, 
namely that the separator is a kind of symbol or a symbol 
different from the user name and the destination address; said 
destination address is used to identify a location of a service 
terminal, and can be an IP address, a domain name or a host 
aC. 

Embodiment 1 

Implementation Way of Enterprises 

0038. The hardware environment comprises PBX, server, 
PBX, router, voice interface card, PC, phone, network cable 
and telephone wire. The connection of hardware devices is 
shown as enterprise deployment of FIG. 6. PC is connected to 
PBX through network cable, voice interface card is connected 
to server, server is connected to PBX through the interface of 
Voice interface card by network cable, phone is connected to 
PBX through telephone wire, server is connected to PBX 
through network cable, and PBX is connected to router 
through network cable. 
0039. Main functions of service terminal are: to manage 
users, to receive Voice packets on the Voice interface card, and 
to transfer the Voice packets (this is a common technology in 
the prior art, and is therefore not described more here). Main 
functions of client terminal are: to set the digits on landline 
phone as being equivalent to the addressing communication 
means with special character being separator, to dial number, 
to answer and to hang up. 
0040. The call method of the present invention will be 
described by taking the case of user X of company A calling 
userY of company Basan example. Company A and B should 
have the hardware configurations shown as above. The 
domain names of the companies here act as destination 
addresses; assuming that the domain name of company A is: 
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example-A.com (the server address may also be used as the 
destination address, for example: 192.168.1.10), and the net 
work administrator of company A assigns user X with the user 
name of jia, his addressing address is: jia(a)example-A.com 
(a) here acts as a separator, which normally can adopt all the 
characters available on keyboard with the exception of letter 
and number keys, such as ~ : (a) # S% & * ()?... \ , { } " 
"/+ << >> 21 >: ; etc.; assuming that the domain name of 
company B is: example-B.com, and the network administra 
tor of company Bassigns user Y with the user name of yi, his 
addressing address is: yi(a)example-B.com. 

0041. In which, phone: to transform the dialing informa 
tion ofusers and the voice collected by telephone receiver into 
analog signals and to transmit the analog signals; to transform 
the received analog signals into Voice and to play the Voice 
through the telephone receiver. PBX: to assign the branch 
number, to receive (transmit) the analog signals or digital 
signals. Voice interface card: to receive and process the ana 
log signal or digital signals. Server: to receive the digital 
signals, and to packetize the digital signals in a packet; to 
process the packet; and to transform the packet into digital 
signals and to transmit the digital signals. Switch: to receive 
and transmit the packet. Router: to send the packet to network 
by routing selection. 
0042 PBX (Private Branch Exchange): Its full name is a 
stored program control telephone Switching system. It is an 
automatic telephone switching system which controls con 
nection based on procedures pro-programmed by a computer. 
PBX comprises hardware and software: hardware includes 
telephone line, control devices and input/output devices. 
Software includes program and data. This invention has no 
special requirements on PBX, and the ordinary PBX will 
satisfy the application. Server: It is a computer that operates 
management software in local area network to control the 
access to network or network sources (disc drive, printeretc.), 
and can provide computers in network with resources and 
make them operate as work Station. The Voice interface card 
needs to be connected with server in the invention. The card 
has various kinds of interfaces, and so it will be sufficient for 
the server to have the interface matching with the voice inter 
face card. For example: when the voice interface card is of 
PCI interface, it will demand server to be integrated with the 
PCI slot; when the voice interface card is of PCI-E interface, 
it will demand server to be integrated with the PCI-E slot: 
when the voice interface card is of USB interface, it will 
demand server to be integrated with the USB interface (this is 
a common technology presenting the prior art, and is there 
fore not described more here). Switch: It is an aggregation 
unit that includes the functions of traffic carrying unit, 
exchange level, controlling and signaling unit in network 
node. The Switch can connect the user line, telecom circuit 
and/or other units based upon the individual user's demand 
ing. This invention has no special requirements on Switch, and 
all the switches will satisfy the application. Router: It is the 
device connecting the local/wide area networks in internet, 
and can automatically choose and set the route according to 
the channel condition so as to send signals according to pri 
ority in the best route. This invention has no special require 
ments for switch, and all the routers will satisfy the applica 
tion. Voice interface card: It is the interface card or device 
containing the Voice interface that can process analog signals 
or digital signals. 
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0043. After connecting hardware, PBX will detect the 
connected devices, and the extension numbers of telephone 
and voice interface card can be set by PBX management. 
0044 Setting of PBX in company A: network administra 
tor will firstly assign the branch number 100 to the voice 
interface card of server by PBX management; the extension 
number assigned to user X is 601. 
0045. Setting of PBX in company B: network administra 
tor will firstly assign the branch number 200 to the voice 
interface card of server by PBX management; the extension 
number assigned to user Y is 801. 
0046 Service Terminal Initialization: 
0047 Service terminal initialization of company A: the 
network administrator adds user X as jia in the service termi 
nal of the company, and binds the extension number (namely 
the telephone number information) with 601. 
0048 Service terminal initialization of company B: the 
network administrator adds userYasyi in the service terminal 
of the company, and binds the extension number (namely the 
telephone number information) with 801. 
0049 Client Terminal Initialization: 
0050 Company A user X logs in the company server with 
user namejia through client terminal, sets digit 1 (this digit is 
customized and the number of the digits is defined by the user 
itself) as being equivalent to yi(a)example-B.com (the 
addressing address of company B user Y). The setting can be 
synchronized on the server at the same time, and the server 
will store the setting. After finishing the initialization, user 
can achieve call dialing. In details: 
0051 a) User X takes telephone receiver off hook, firstly 
dials the extension number 100 of voice interface card of 
company A, thus triggers dialing (button dialing or Voice 
dialing) signal. Through the processing of telephone set (dif 
ferent telephone sets will cause different processing, e.g. the 
coding by DTMF or FSK etc.), it becomes analog signal that 
contains dialing information, which is then sent to the PBX of 
company A. The PBX of company A will initiate the call 
request to destination terminal based on the corresponding 
list of internal port, and at this time the server of company A 
responses, accepts the requestand establishes the connection; 
then user X dials his own extension number 601, which is 
processed into analog signal that contains dialing information 
by the telephone set of user X and is sent to the server of 
company A. 
0052 b) The voice interface card on the server of company 
A receives the analog signal. Through DTMF, FSK or other 
coding/decoding method (the coding/decoding methods 
depends on the telephone set and PBX settings), the server of 
company A will decode the obtained analog signal that con 
tains dialing information into digital signal; the server will 
convert the digital signal into corresponding data packet, and 
through unpacketizing, the server will obtain the dialing 
information 601, and then obtain the detailed information of 
the user. User X continue to dial the set digit 1, which is 
processed into analog signal that contains dialing information 
by the telephone set of user X and is sent to the server of 
company A (this sentence belongs to Stepa, but is described in 
step con purpose in order to facilitate understanding); at this 
time, the server will decode the analog signal that contains 
dialing information into digital signal through DTMF, FSKor 
other coding/decoding method (this sentence belongs to step 
b, but is described in step c on purpose in order to facilitate 
understanding); the server will convert the digital signal into 
corresponding data packet and obtain the dialing information 
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1 through unpacking, and convert the digit 1 set at the 
service terminal into data packet in which the equivalent 
addressing address is yi(a)example-B.com. 
0053 c) The server of company A resolves the server 
address example-B.com behind the character (a). If this server 
address is valid and existed, the server of company A will, 
through DNS (domain name server) addressing, send the 
Voice request packet to the server address example-B.com 
(the address of the server of company B) behind the character 
(a). 
0054 d) The server of company B receives the voice 
request packet, and will unpacketize it and resolve the user 
name yi in front of the character (a). At this time, the server of 
company B will judge whether the user nameyi is existed, and 
if existed, the server of company B will extract the corre 
sponding extension number 801; 
0055 e) And initiate the call request to the client terminal 
ofuserY. and send the call request to 801 through PBX at the 
meantime. 

0056 f) At this time the client terminal of user Y 
responses, and the extension 801 rings. UserY can receive the 
request and establish a conversation either through the client 
terminal or through picking up his own branch telephone. 
(Such calling process is as shown in the flow chart of calling 
in the mode of enterprises in FIG. 7; the voice data transmis 
sion in hardware is shown the data transmission diagram in 
the mode of enterprises in FIG. 8). The above case is an 
example in which the call is from landline phone to landline 
phone (or PC). Step a can also be omitted when PC is used to 
call directly the landline phone (or PC). When PC initiates the 
calling, it is not necessary to receive the analog signal, but 
directly enter into step c, and in this case the 1 in step c is not 
extracted from data packet, and instead, the server obtains the 
digit 1 inputted by the user inputs and converts, through 
service terminal, into the data packet in which the special 
character acts as the separator(yi(a)example-B.com); the Sub 
sequent steps are the same. 

Embodiment 2 

Implementation Way of Ordinary Users 

0057 The hardware environment comprise PC, phone, 
voice interface card, network cable and telephone wire. The 
connection of hardware devices is shown as FIG. 9. Voice 
interface card is connected to PC, phone is connected to Voice 
interface card through telephone wire, PSTN is connected to 
Voice interface card through telephone wire, and PC is con 
nected to internet through network cable. Main functions of 
ordinary user terminal: to set the digits on landline phone as 
being equivalent to the addressing means with special char 
acters being a separator, to receive the Voice packet on the 
voice interface card, to forward the voice packet, to set the 
voice intercept number (which can adopt, it or the combined 
numbers on phone. We here take it for example), to dial 
number, to answer and to hang up. 
0058. The following is an example in which user X calls 
user Y. The users should have the hardware configurations 
described above. Same as embodiment 1, the domain names 
of the companies act as destination addresses. Assume that 
the domain name applied by user X is: example-A.com (the 
server address may also be acted as the destination address, 
for example: 192.168.1.10); the addressing address of user X 
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is: jia(a)example-A.com; the domain name applied by userY 
is: example-B.com, the addressing address of user Y is: 
yi(a)example-B.com. 
0059) Ordinary User Terminal Initialization: 
0060 User X sets it as the intercept character (which is 
mainly to intercept the Voice calling request, so as not to send 
the request to PSTN) at ordinary user terminal, set his 
addressing address asjia(a)example-A.com, and set the phone 
digit 1 (this digit is customized and its lengthis determined by 
user) as being equivalent to yi(a)example-B.com. User Y sets 
it as the intercept character (which is mainly to intercept the 
voice calling request, so as not to send the request to PSTN) 
at ordinary user terminal, set his addressing address as 
yi(a)example-B.com. After finishing the initialization, user 
can achieve call dialing. In details: 
0061 a) User X takes telephone receiver off the hook, 

firstly dials it to trigger, through the processing of telephone 
set, it becomes analog signal that contains dialing informa 
tion, and is sent to the PC installed with ordinary user termi 
nal. The PC responses and establishes connection. The PC 
will obtain the analog signal through the Voice interface card, 
and convert it into digital signal through coding/decoding. 
Based on judging the digital signals are of it, the PC ordi 
nary user terminal will consequently intercept the analog 
signal (The so-called intercept refers to that the ordinary user 
terminal obtains the analog signal in the Voice interface card 
based on the interface function provided by the voice inter 
face card so as to change the transmission route of the signal, 
namely that the signal won't pass the PSTN net. On the 
contrary, the signal will not be extracted and will be transmit 
ted to PSTN net according to the set route of voice interface 
card if the digital signals are not of it based on judging). 
Then the user speaks “1” towards the microphone (we here 
adopt the speech recognition control, which is a common 
technology means, and is therefore not described any more 
here. Button operation can certainly be adopted as well), the 
telephone set will process the Voice into analog signal and 
send it to PC. 
0062 b) The PC installed with ordinary user terminal 
receives the analog signal through the Voice interface card, 
and processed it into digital signal through coding/decoding. 
Through the speech recognition engine, the ordinary user 
terminal of user X will extract the voice information 1 from 
the digital signal, and then the ordinary user terminal will 
convert the voice information 1 into the data packet in which 
the set addressing address is yi(a)example-B.com. 
0063 c) The PC installed with ordinary user terminal 
resolves the server address example-B.com behind the sepa 
rator (a). If the server address is valid and existed, the PC of 
user X will send, through DNS (domain name server) 
addressing, the Voice request packet to the server address 
example-B.com behind the separator (a). 
0064 d) The ordinary user terminal receives the voice 
request packet, and will unpacketize it and resolve the user 
name yi in front of the separator (a). The ordinary user termi 
nal will judge whether the user nameyi is the user name set by 
user Y. 

0065 e) And if the user nameyi is the user name set by user 
Y. it will initiate the ringing request to the landline phone of 
user Y through the PC voice interface of user Y, and in the 
meantime, send the call request to the client terminal of user 
Y. 

0066 f) The telephone set of user Y rings, and in the 
meantime, the client terminal of user Y responses, and userY 
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can establish a conversation by means of taking off the hook 
or accepting the request of the client terminal. (The calling 
process is shown in the flow chart of calling in the mode of 
ordinary users in FIG. 10; the voice data transmission in 
hardware is shown in data transmission diagram in the mode 
of ordinary users in FIG. 11). The above case is an example in 
which the call is from landline phone to landline phone (or 
PC). The PC can call directly the landline phone (or PC) and 
the step a and b can be omitted; When PC initiates calling, it 
is not necessary to receive the analog signal, but directly enter 
into step c, and in this case, the 1 in step c is not extracted from 
the Voice information, and instead, the digit 1 that user 
speaks to microphone is obtained by the PC voice recognition 
engine of ordinary user terminal, and it then is converted, 
through ordinary user terminal, into the data packet in which 
the special character acts as the separator (yi(a)example-B. 
com); the Subsequent steps are the same. 
0067. From the above, the invention solves the cost prob 
lems for call dialing from landline phone to landline phone, 
landline phone to software telephone and software telephone 
to landline phone. The invention can nearly decrease the call 
charge to Zero, and moreover, the cost for hardware of the 
invention is very low and is Suitable for large, medium and 
Small enterprises, as well as individuals. 
0068 Particular embodiments of the present invention are 
described in the above, but the protection scope of the present 
invention is not limited thereto. And alternative or modifica 
tion which is made by any person skilled in the art according 
to the technical schemes of the present invention and its 
inventive concept within the technical scope disclosed by the 
present invention should be covered within the protection 
Scope of the present invention. 
What is claimed is: 

1. A method of real-time VOIP call, characterized by com 
prising the following steps: 

a) a calling user dials a landline phone, and establishes a 
connection with a service terminal of the calling user; 

b) the calling user further dials; the service terminal of the 
calling user performs further resolving and corresponds 
dialing information with an addressing address stored in 
the service terminal of the calling user, said addressing 
address comprises a destination user name, a separator 
and a destination address, wherein the destination user 
name and the destination address are separated by the 
separator, the service terminal of the calling user 
resolves the destination address on one side of the sepa 
rator, and sets up connection with a service terminal of 
the destination address; 

c) the service terminal of the calling user resolves infor 
mation of the destination user name on the other side of 
the separator, and sends it to a service terminal of the 
destination address; 

d) the service terminal of the destination address resolves 
the received information of the destination user name, 
and corresponds the information of the destination user 
name with user information stored in the service termi 
nal of the destination address; if the information of the 
destination user name matches information of a user in 
the stored user information, the service terminal of the 
destination address further finds out information of a 
landline phone in the information of the user which is 
internally stored in the service terminal of the destina 
tion address; 
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e) the service terminal of the destination address initiates a 
calling request to the landline phone of a destination 
user, 

f) the destination user accepts the request, and establishes 
a calling connection. 

2. The method of real-time VOIP call as set forth in claim 
1, characterized in that the dialing in said step b is button 
dialing or voice dialing. 

3. The method of real-time VOIP call as set forth in claim 
1, characterized in that the separator in said step b refers to a 
symbol for distinguishing the user name from the destination 
address, namely that the separator is a kind of symbol or a 
symbol different from the user name and the destination 
address; said destination address is used to identify a location 
ofa service terminal, and can be an IP address, a domain name 
or a host name. 

Sep. 19, 2013 


